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(54) Noise canceler 

(57) A noise canceler of the present invention 
includes a signal-to-noise power ratio estimator to 
which a main signal and a reference signal are input 
The estimator 10 estimates the sinal-to-noise power 
ratio of the main signal from the mean power of a 
desired signal contained in the main siganl and a mean 
power of a noise signal also contained in the main sig- 
nal. In addition, the estimator estimates the signal-to- 
noise power ratio of the reference signal from the mean 
power of a desired signal contained in the reference sig- 
nal and the mean power of a noise singal also contained 
in the reference signal. An adptive filter for estimating 
the noise signal of the main signal has its step size for 
coefficient updating controlled in accordance with the 
estimated signal-to-noise power ratio of the noise sig- 
nal. On the other hand, an adptive filter for estimating 
the desired signal of the reference signal has its step 
size for coefficient updating controlled in accordance 
with.the estimated signal-to-noise power ratio of the ref- 
erence signal. Delay circuits are provided for compen- 
sating for a delay ascribable to a power averaging 
procedure which a signal-to-noise power ratio estimator 
executes to calculate the estimated siganl-to-noise 
power ratios. 
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Description 

The present invention relates to a noise canceler and, more particularly, to a noise canceler for canceling, by use 
of an adaptive filter, a background noise signal introduced into a speech signal input via a microphone, a handset or the 
5 like. 

A background noise signal introduced into a speech signal input via, e g., a microphone or a handset is a critical 
problem when it comes to a narrow band speech coder, speech recognition device and so forth which compress infor- 
mation to a high degree. Noise cancelers for canceling such acoustically superposed noise components include a biin- 
put noise canceler using an adaptive filter and taught in B. Widrow et al. "Adaptive Noise Cancelling: Principles and 
10 Applications", PROCEEDINGS OF IEEE, VOL 63, NO. 12, DECEMBER 1975, pp. 1692-1716 (Document 1 hereinaf- 
ter). 

The noise canceler taught in Document 1 includes an adaptive filter for approximating the impulse response of a 
noise path along which a noise signal input to a microphone assigned to a reference signal (reference signal micro- 
phone hereinafter) to propagate toward a microphone assigned to a main signal (main signal microphone hereinafter). 
is The adaptive filter is capable estimating noise introduced into the main signal microphone. The estimated noise signal 
is subtracted from a main signal (combination of a desired signal and a noise signal) input to the main signal micro- 
phone. 

The filter coefficient of the above adaptive filter is corrected by determining a correlation between an error signal 
produced by subtracting the estimated noise signal from the main signal and a reference signal derived from the refer- 
20 ence signal microphone. Typical of an algorithm for such coefficient correction, i.e., a convergence algorithm is "LMS 
algorithm" describe in Document 1 or "LIM (Learning Identification Method) algorithm" described in IEEE TRANSAC- 
TIONS ON AUTOMATIC CONTROL, VOL. 12, NO. 3, 1967, pp. 282-287. 

A conventional noise cancellation principle will be described with reference to FIG. 5. As shown, a noise canceler 
includes a main signal microphone 1 , a reference signal microphone 2, an adaptive filter 3, a subtracter 4, and an output 
25 terminal 5. A desired signal S(z) spoken by a speaker (signal source) is input to the main signal microphone 1 adjoining 
the speaker's mouth by way of a path having an acoustic transfer characteristic HA(z); z is expressed as: 

z = exp(2rcj/FS) Eq.(1) 

30 where FG denotes a sampling frequency. 

On the other hand, noise N(z) issuing from a noise source is input to the main signal microphone 1 via a path hav- 
ing an acoustic transfer characteristic GA(z). At the same time, the noise N(z) is input to a reference signal microphone 
2 remote from the speaker by way of a path having an acoustic transfer characteristic GB(z). The adaptive filter 3 esti- 
mates, based on the main signal XA(z) and reference signal XB(z), the acoustic transfer characteristic (noise path) P(z) 
35 of an acoustic path along which noise output from the noise source N(z) and then input to the reference signal micro- 
phone 2 will propagate to the main signal microphone 1 when the desired signal S(z) is not input. 
The acoustic transfer characteristic P(z) to be estimated is produced by: 
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P(z) = GA(z)/GB(z) Eq.(2) 

The adaptive filter 3 therefore constitutes a filter having a transfer characteristic W1 (z) identical with the transfer func- 
tion P(z) and operates to generate an estimated noise signal F1(z) identical with the noise signal contained in the main 
signal. The subtracter 4 subtracts the estimated noise signal F1 (z) output from the fitter 3 from the main signal XA(z), 
thereby producing an output E1 (z). When the desired signal S(z) is not input, the output signal E1 (z) is expressed as: 

E1(z) = XAfz)-F1(z) Eq.(3) 
Wz)-W1(z)XB(z) 



= XAfz}-Wl(zXB<z) 
= GA(z)N(z) - W1(z)GB(z)N(z) 
= GA(z)N(z) - {GA(z)/GB(z)}GB(z)N(z) 
= 0 



In this manner, the adaptive filter 3 is capable of estimating the acoustic transfer characteristic P(z) by updating the 
coefficient such that the output signal E1(z) is zero when the desired signal S(z) is not contained. The output signal 
E1(z) is referred to as an error signal because it is representative of an error in the learning operation of the adaptive 
55 filter. 

After the convergence of the adaptive filter 3, the output signal E1(z) is expressed as: 
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E1(z) = XA(z)-F1(z) Eq.(4) 
= XA(z)-W1(z)XB(z) 

)N(z) + HA(z)S(z) - W1(z)GB(z)N(z) + HB(z)S(z) 
IN z) + HA(z)S]z) ■ W1(z)GB(z)N(z) - W1(z)HB(z)S(z) 
iS(z)-W1(z)HB(z)S(z) 
;z[1-{rid(z)/HA(z)/wi(z)] 



HA(z 



As the Eq.(4) indicates, the output signal E1(z) does not contain any noise signal N(z), i.e., noise has been can- 
celed. However, the problem is that when the reference signal microphone 2 contains the desired signal component 
S(z), i.e., when the acoustic transfer characteristic HB(z) from the desired signal S(z) to the reference signal micro- 

w phone 2 is not zero, a signal distortion represented by [ 1 - {HB(z)/HA(z)}W1 (z) ] occurs. 

To solve the above problem, an adaptive filter for correcting the signal distortion contained in the output signal S 1 (z) 
may be added, as taught in Japanese Patent Laid-Open Publication No. 8-561 80. FIG. 6 shows a noise canceler includ- 
ing such an additional adaptive filter. As shown, the noise canceler has an adaptive filter 6 for the above correction and 
a subtracter 7 in addition to the structural elements shown in FIG. 5. When the main signal XA(z) contains the desired 

15 signal S(z) and if noise is absent is of less than certain level, the adaptive filter 6 performs learning such that the output 
E2(x) of the subtracter 7 decreases. Assuming that the adaptive filter 6 has a transfer characteristic W2(z), then the filter 
6 performs the above learning based on, e.g., the LIM scheme such that when N(z) is zero or negligible, E2(z) has the 
following value: 



Eq.(5) 



f B HA(z}S(z) [1 - {HB|z)/HA(z)}W1fz)] 
HA(z)S(z) - W2(z)HA(z)S(z +W2(z)S(z)HB(z)W1(z) 
2fc)StoHB(z)W' ' 

0 



HA(; 

;w2(z)S 

. W2fz)S(z)HB(z)Wl(zj - HA(z) + HA(z)S(z) 



Therefore, the transfer characteristic W2(z) of the adaptive filter 6 is produced by: 



= 1 

The output F2(z) of the adaptive filter 6 derived from the learning is expressed as 



m-w m - - ■* m 

= hA(z)S(z) 



^(z)/HA(z)}W1(z)]} HA(z)S(z)[1 - HB(z)/HA(z)}W1(z)] 



As a result, a desired signal HA(z)S(z) free from signal distortion is output. 

As stated above, the conventional noise canceler updates the coefficient of the adaptive filter 3 and learns the 
acoustic characteristic of noise in sections where the noise signal N(z) is present and the desired signal component 

40 S(z) is absent or negligibly small. Further, the noise canceler updates the coefficient of the adaptive filter 4 and learns 
a signal distortion correction filter in sections where the desired signal component S(z) is present and the noise com- 
ponent N(z) is absent or negligibly small. It is therefore necessary to detect the above sections where the desired signal 
component S(z) is absent (or little) and the sections where the noise signal component N(z) is absent (or little) and to 
command the adaptive filters to perform leaning in such sections from the outside. 

45 However, it is, in many cases, difficult to command the adaptive filters to perform learning from the outside in 
accordance with the level of the desired signal and that of the noise signal, depending on the situation in which the 
noise canceler is located. With the conventional noise canceler, a sufficient noise canceling ability and a sufficient dis- 
tortion correction characteristic are not achievable unless adequate learning sections are indicated to each adaptive fil- 
ter for the learning purpose. 

so It is therefore an object of the present invention to provide a noise canceler capable of achieving a sufficient noise 
canceling ability and reducing signal distortion even when adequate learning sections cannot be indicated from the out- 
side. 

A noise canceler of the present invention includes a first delay circuit for delaying a main signal containing a desired 
signal and a noise signal by a preselected period of time to thereby output a delayed main signal. A second delay circuit 
55 receives the noise signal as a reference signal and delaying it by the preselected period of time to thereby output a 
delayed reference signal. A first subtracter subtracts a first estimated noise signal from the delayed main signal to 
thereby generate a first desired signal output. A second subtracter subtracts a first estimated desired signal from the 
delayed reference signal to thereby generate a first noise signal output. A first adaptive filter receives the first noise sig- 
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nal output and adaptively estimates a noise signal contained in the delayed main signal to thereby output the first esti- 
mated noise signal. A second adaptive filter receives the first desired signal output and adaptively estimating a desired 
signal contained in the delayed reference singal to thereby output the first estimated desired signal. A signal-to-noise 
power ratio estimator receives the main signal and reference signal and calculates desired signal power and noise sig- 
nal power of the main signal and desired signal power and noise signal power of the reference signal to thereby output 
an estimated value of a power ratio of the main signal to the noise signal and an estimated value of a power ratio of the 
reference signal to the noise signal. A step size output circuit receives the estimated values from the signal-to-noise 
power ratio estimator to thereby output a first and a second step size representative of an amount of correction of a filter 
coefficient of the first adaptive fitter and an amount of correction of a filter coefficient of the second adaptive filter, 
respectively. 

The above and other objects, features and advantages of the present invention will become apparent from the fol- 
lowing detailed description taken with the accompanying drawings in which: 

FIQ. 1 is a block diagram schematically showing a noise canceler embodying the present invention; 
FIG. 2 is a block diagram schematically showing a signal-to-noise power ratio estimator included in the embodi- 
ment; 

FIGS. 3 and 4 are flowcharts demonstrating the operation of a step size output circuit 1 1 also included in the 
embodiment; 

FIG. 5 shows the principle of a conventional noise canceler; and 

FIG. 6 is a block diagram schematically showing a specific configuration of a conventional noise canceler. 

Referring to FIG. 1 of the drawings, a noise canceler embodying the present invention is shown. As shown; the 
noise canceler includes a first microphone 1 for a main signal, a second microphone 2 for a reference signal, an output 
terminal 5, adaptive filters 3 and 6, subtracters 4 and 7, delay circuits 8 and 9, a signal-to-noise power ratio estimator 
10, and a step size output circuit 1 1 . The operation of the adaptive filters 3 and 6 will be described first. 

A main signal XA(z) is delayed by the delay circuit 8 by D samples to turn out a delayed main signal XA(z)Z~ D where 
Z* D denotes a delay by D samples. The signal XA(z)Z~ D is applied to the subtracter 4. On the other hand, a reference 
signal XB(z) is delayed by the delay circuit 9 by D samples to turn out a delayed reference signal XB(z)2T D and then 
applied to the subtracter 7. The delay by D samples compensates for a delay ascribable to the calculation of a signal- 
to-noise power ratio to be effected by the signal-to-noise power estimator 10, as will be described later specifically. 
Because the delays provided at the main signal side of the adaptive filter 3 and the reference signal side of the adaptive 
filter 6, respectively, are equal, they have no influence on the relation between the main signal and the reference signal. 
Therefore, let D be assumed to be zero hereinafter. 

The adaptive filter 3 operates to estimate a noise signal included in the main signal XA(z) while the adaptive filter 
6 operates to estimate a desired signal included in the reference signal XB(z). To allow the filter 3 to estimate the noise 
signal, the desired signal estimated by the filter 6 is subtracted from the reference signal by the subtracter 7, and the 
resulting noise signal is input to the filter 3. Likewise, the noise signal estimated by the filter 3 is subtracted from the 
main signal, and the resulting desired signal is input to the filter 6. For this purpose, the two filters 3 and 6 are cross- 
coupled, as illustrated. 

Assume that the subtracters 4 and 7 produce output signals E1 (z) and E2(z), respectively, that the adaptive filter 3 
has a transfer characteristic W1 (z) and produces an output F1(z), and that the adaptive filter 6 has a transfer charac- 
teristic W2(z) and produces an output F2(z). Then, E1(z) and E2(z) are expressed as: 



By using the desired signal S(z), noise N(z) and acoustic transfer characteristics HA(z), HB(z) and GB(z) described 
with reference to FIG. 5, the main signal XA(z) and reference signal XB(z) are produced by: 




Eq.(8) 



Eq.(9) 



XA(z) = GA(z)N(z) + HA(z)S(z) 



Eq.(10) 



XB(z) = GB(z)N(z) + HB(z)S(z) 



Eq.(11) 



The above equations give E1(z) and E2(z), as follows: 



E1(z) = [1/{1 - W1(z)W2(z)}] {HA(z) - W1(z)HB(z)}S(z) + [1/{1 - W1(z)W2(z)}] {GA(z) - W1(z)GB(z)}N(z) Eq.(12) 
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E2(z) = [1/{1 - W1(z)W2(z)}] {HB(z) - W1(z)HA(z)}S(z) + [1/{1 - W1 (z)W2(z)}] {GB(z) - W1(z)GA(z)}N(z) Eq.(13) 



Therefore, if the following equations are satisfied: 

s W1(z) = GA(z)/GB(z) Eq.(14) 

W2(z) = HB(z)/HA(z) Eq.(15) 

then, there hold: 

10 

E1(z) = S(z) Eq.(16) 

E2(z) = N(z) Eq.(17) 

15 As a result, the output E1 (z) of the subtracter 4 is the desired signal from which noise has been cancelled. 

Now, for the adaptive filter 3 to estimate a noise signal contained in the main signal accurately, it is necessary to 
increase the amount of updating of the filter coefficient when the desired signal of the main signal obstructing the esti- 
mation is smaller than the noise signal to be estimated. Conversely, when the desired signal of tine main signal is 
greater than the noise signal, it is necessary to reduce the above amount because the signal obstructing the estimation 
20 is greater than the noise signal. 

On the other hand, for the adaptive filter 6 to estimate the desired signal of the reference signal accurately, it is nec- 
essary to increase the amount of updating of the filter coefficient when the noise signal contained in the reference signal 
obstructing the estimation is smaller than the desired signal. Conversely, when the noise signal of the reference signal 
is greater than the desired signal, it is necessary to reduce the above amount because the signal obstructing the esti- 
25 mation is greater than the desired signal. 

The coefficient of each adaptive filter can be controlled to meet the above requirement if the step size of the learn- 
ing algorithm of the filter is controlled, as follows. 

A method of updating the coefficient will be described, assuming the LIM scheme as a learning algorithm and the 
adaptive filter 3 by way of example. Assume that the main signal XA(z)is denoted by xa(k) in time domain, that E2(z) 
30 input to the filter 3 is denoted by e2(k) in time domain, that F1(z) output from the filter 3 is denoted by f 1(k) in time 
domain, and that E1(z) output from the subtracter 4 is denoted by el(k) in time domain; k is an index representative of 
time. 

Assuming that the j-th coefficient of the filter 3 at a time k is wlj(k), then an estimated noise signal f 1 (k) output from 
the filter 3 is expressed as: 

35 

N-1 

f1(k) = 2>1j(k) • e2(ki) Eq.(18) 
J-o 

40 

where N denotes the number of taps of the filter 3. 

A coefficient wlj(k+ 1 ) at a time (k+1 ) is produced on the basis of an error signal el(k) determined by the subtracter 4: 

HW ^^W'^W E q.(19) 
Z e2(k-m) 2 

m=0 

where n1(k) is the step size for updating the coefficient of the fitter 3. 

so A greater step size ji1(k) promotes rapid convergence because the coefficient is corrected by a greater amount. 
However, when components obstructing the updating of the coefficient are present, the greater amount of updating is 
noticeably influenced by such components and increases the residual error. Conversely, a smaller stepwise ii1(k) 
reduces the influence of the above obstructing components and therefore the residual error although it increases the 
converging time. It follows that a trade-off exists between the "converging time" and the "residual error" in the setting of 

55 the step size. 

Likewise, as for the filter 6, assume that the reference signal XB(z)is denoted by xb(k) in time domain, that E1(z) 
input to the filter 6 is denoted by e1(k) in time domain, that F2(z) output from the filter 6 is denoted by f2(k) in time 
domain, and that E2(z) output from the subtracter 7 is denoted by e2(k) in time domain. Then, an estimated noise signal 
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f2(k) output from the filter 6 is expressed as: 



N-1 



f2(k) = £ co2j(k) • e1(k-D 



Eq.(20) 



A coefficient w2j(k+1) at the time (k+1) is produced on the basis of an error signal e2(k) determined by the sub- 
tracter 7: 



where n2(k) is the step size for updating the coefficient of the filter 6. 

As stated above, the coefficient can be variably controlled by controlling the step size of the adaptive filter. 

The operation of the signal-to-noise power ratio estimator 10 will be described hereinafter. As shown in FIG. 2, the 
estimator 10 is made up of adaptive filters 12 and 13, subtracters 14 and 15, power mean circuits 16, 17, 18 and 19, 
and dividers 20 and 21 . The adaptive filters 1 2 and 1 3 and subtracters 14 and 1 5 are cross-coupled in exactly the same 
manner as in FIG. 1 . The difference is that step sizes n3 and n4 assigned to the adaptive filters 12 and 13, respectively, 
each is fixed and great enough to promote convergence. For example, when the LIM scheme is used, the step sizes *i3 
and \i4 are selected to be between about 0.2 and about 0.5. Such relatively great step sizes promote rapid convergence 
although they will increase the residual error. 

Assume that the adaptive filters 12 and 13 both are converged. Then, the filter 12 produces an output f3(k) which 
is the noise signal contained in the main signal. The subtracter 14 produces an output e3(k) which is the desired signal 
also contained in the main signal. The power mean circuit 16 squares the output e3(k) of the subtracter 14 so as to 
determine its time mean and thereby outputs desired signal power PSA(k) particular to the main signal. TTie power 
mean circuit 1 7 squares the output f3(k) of the filter 12 so as to determine its time mean and thereby outputs noise sig- 
nal power PNA(k) particular to the main signal. 

The other filter 13 produces an output f4(k) which is the desired signal contained in the reference signal. The sub- 
tracter 15 produces an output e4(k) which is the noise signal also contained in the reference signal. The power mean 
circuit 1 9 squares the output e4(k) of the subtracter 1 5 so as to determine its time mean and thereby outputs noise sig- 
nal power PNB(k) particular to the reference signal. Likewise, the power mean circuit squares the output f4(k) of the fil- 
ter 13 so as to determine its time mean and thereby outputs desired signal power PSB(k) particular to the reference 
signal. 

The divider 20 divides the desired signal power PSA(k) output from the power mean circuit 16 by the noise signal 
power PNA(K) output from the power mean circuit 17. As a result, an estimated signal-to-noise power ratio SNRA(k) of 
the main signal is output from the divider 20. Likewise, the divider 21 divides the desired signal power PSB(K)output 
from the power mean circuit 18 by the noise signal power pnb(K) output from the power mean circuit 19. As a result, an 
estimated signal-to-noise power ratio SNRB(k) of the reference signal is output from the divider 21. 

When the averaging operation of the power mean circuits 16-19 is implemented by, e.g., the method of moving 
average, the calculated power mean values involve a delay of AAV dependent on the number of times of averaging with 
respect to the actual power variation. The illustrative embodiment includes the delay circuits 8 and 9, FIG. 1 , in order to 
compensate for the above delay AAV. It is therefore desirable that the delay Z" D of the delay circuits 8 and 9 be equal to 
AAV. 

With the above configuration, the signal-to-noise power ratio estimator 10 implements rapid convergence by pro- 
viding the cross-coupled adaptive fitters 12 and 13 with a relatively great step size. The estimator 10 outputs, by use of 
the converged signals, the estimated signal-to-noise power ratio SNRA(k) of the main signal and the estimated signal- 
to-noise power ratio SNRB(k) of the reference signal. 

Reference will be made to FIGS. 3 and 4 for describing the operation of the step size output circuit 1 1 . First, the 
estimated SNRA(k) of the main signal output from the signal-to-noise power ratio estimator 10 is input to a monotone 
decreasing function (step 31). Assuming that f() is the monotone decreasing function for SNRA (k), then the output 
OUT1 (k) of the function is produced by (step 32): 



,2j(k + 1) = a>2j(k) + 

£ e1(k-m) 2 



Eq.(21) 



OUT1(k) = f(SNRA(k)) 



Eq.(22) 



By use of the above value OUTl(k), the step size u1(k) of the adaptive filter 3 is calculated as: 
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generate a first desired signal output; 

second subtracting means for subtracting a first estimated desired signal from said delayed reference signal to 
thereby generate a first noise signal output; 

a first adaptive filter for receiving said first noise signal output and adaptively estimating a noise signal con- 
tained in said delayed main signal to thereby output said first estimated noise signal; 
a second adaptive filter for receiving said first desired signal output and adaptively estimating a desired signal 
contained in said delayed reference singal to thereby output said first estimated desired signal; 
signal-to-noise power ratio estimating means for receiving said main signal and said reference signal and cal- 
culating desired signal power and noise signal power of the main signal and desired signal power and noise 
signal power of the reference signal to thereby output an estimated value of a power ratio of the main signal to 
the noise signal and an estimated value of a power ratio of the reference signal to the noise signal; and 
step size outputting means for receiving said estimated values from said signal-to-noise power ratio estimating 
means to thereby output a first and a second step size representative of an amount of correction of a filter coef- 
ficient of said first adaptive filter and an amount of correction of a filter coefficient of said second adaptive filter, 
respectively. 

A noise canceler as claimed in claim 1 , wherein said signa!-to-noise power ratio estimating means comprises: 

third subtracting means for subtracting a second estimated noise signal from the main signal to thereby gener- 
ate a second desired signal output; 

fourth subtracting means for subtracting a second estimated desired signal from the reference signal to thereby 
generate a second noise signal output; 

a third adaptive filter for receiving said second noise signal output and adaptively estimating a noise signal con- 
tained in the main signal to thereby output said second estimated noise signal; 

a fourth adaptive filter for receiving said second desired signal output and adaptively estimating a desired sig- 
nal contained in the reference signal to thereby output a second estimated desired signal; 
first power averaging means for receiving said second desired signal output and producing a square mean of 
said second desired signal output to thereby output desired signal power of the main signal; 
second power averaging means for receiving said second estimated noise signal and producing a square 
mean of said second estimated noise signal to thereby output noise signal power of the main signal; 
third power averaging means for receiving said second estimated desired signal and producing a square mean 
of said second estimated desired signal to thereby output desired signal power of the reference signal; • 
fourth power averaging means for receiving said second noise signal output and producing a square mean of 
said second noise signal to thereby output noise signal power of the reference signal; 
first dividing means for dividing said desired signal power of the main signal by said noise signa power of the 
main signal to thereby output an estimated value of a power ratio of the main signal to the noise signla; and 
second dividing means for dividing said desired signal power of the reference signal by said noise signal power 
of the reference signal to thereby output an estimated value of a power ratio of the reference signal to the noise 
signal. 

A noise canceler as claimed in claim 1 or 2, wherein said step size outputting means comprises: 

means for inputting said estimated value of the power ratio of the main signal to the noise signal to a prese- 
lected monotonously increasing function to thereby calculate a first function value; and 
means for outputting as said first step size said first function value when said first function value is between a 
first maximum value and a first minimum value, or outputting said first maximum value when said first function 
value is greater than said first maximum value, or outputting said first minimum value when said first function 
value is smaller than said first 

minimum value. 

A noise canceler as claimed in claim 1 , 2 or 3, wherein said step size outputting means comprises: 

means for inputting said estimated value of the power ratio of the reference signal to the noise signal to a 
preselected monotonously increasing function to thereby calculate a second function value; and 
means for outputting as said second step size said second function value when said second function value is 
between a second maximum value and a second minimum value, or outputting said second maximum value 
when said second function value is greater than said second maximum value, or outputting said second mini- 
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mum value when said second function value is smaller than said second minimum value. 

5. A noise canceler as claimed in claim 1 or 2, wherein said step size outputting means comprises: 

means for inputting said estimated value of the power ratio of the main signal to the noise signal to a prese- 
lected monotonously increasing function to thereby calculate a first function value; 
means for outputting as said first step size said first function value when said first function value is between a 
first maximum value and a first minimum value, or outputting said first maximum value when said first function 
value is greater than said first maximum value, or outputting said first minimum value when said first function 
value is smaller than said first minimum value; 

means for inputting said estimated value of the power ratio of the reference signal to the noise signal to a 
preselected monotonously increasing function to thereby calculate a second function value; and 
means for outputting as said second step size said second function value when said second function value is 
between a second maximum value and a second minimum value, or outputting said second maximum value 
when said second function value is greater than said second maximum value, or outputting said second mini- 
mum value when said second function value is smaller than said second minimum value; 

wherein one of said first and second step sizes smaller than the other is set to be zero. 

6. A noise canceler as claimed in claim 1, 2, 3, 4 or 5, wherein the preselected period of time assigned to said first 
and second delaying means is equal to a delay ascribable to calculation of said estimated value of the power ratio 
of the main signal to the noise signal and said estimated value of the power ratio of the reference signal to the noise 
signal executed by said signal-to-noise power ratio estimating means. 



9 



EP0 856 834 A2 



Fig.1 



b 



XA(z) 



6 



XB(z) 



8 4 



F1(z)~ 



E1(z) 



3^ 



ADAPTIVE 
FILTER 



W1(z) 



E2(z) 



6 



ADAPTIVE 
FILTER 



F2(z) 



XA(z) 

? 



XB(z) 



10 

_2- 



SIGNAL-TO-NOISE 
POWER RATIO 
ESTIMATOR 



SNRA(k) 

I 



W2(z) 



11 



5 
■4 



STEP SIZE 2M > 
OUTPUT CITCUIT 



SNRB(k) 



19 



EP0 856 834A2 



Fig. 2 



10 



. . _ - i- - ....... 



XA(k) 



It 



12 
-2_ 



e3(k) 
t 



f3(k) 



ADAPTIVE 
FILTER 



XB(k) ' 



73 



16 

I PSA(k) 

POWER MEANLY 
[CIRCUIT 



13 
J. 



POWER MEAN 

[CIRCUIT 



17 



20 
-L 



DIVIDER 



ADAPTIVE 
FILTER 



f4(k) 



T 

PNA(k) 



>4 



15 



e4(k) 



18 



POWER MEAN 
[CIRCUIT 



PSB(k) 



POWER MEAN 
CIRCUIT 



19 

~T 

PNB(k) 



21 



DIVIDER 



jSNRA(k) 



!SNRB(k) 



11 



EP0 856 834 A2 



Fig.3 



( START ) 



INPUT SNRA(k) TO MONOTONE 
DECREASING FUNCTION 



I 



OUTPUT FUNCTION VALUE OUT1(k) 



31 



32 



OUT(k)< /*1min 




OUT(k)> /zlmax 



35 



OUTPUT /ilmin 



M 1 min^OUTl (k)^ p 1 max 
34 



OUTPUT OUT1(k) 



36 



OUTPUT// 1 max 



12 



EP0 856 834 A2 



Fig.4 



( START ) 



INPUT SNRB(k) TO MONOTONE 
DECREASING FUNCTION 



,41 



OUT2(k)< /<2min 




OUT2(k)>^2max 



45 



OUTPUT A<2min 



/i2min^ OUT(k)^ ^2max 
44 



OUTPUT OUT2(k) 



46 



OUTPUT^2max 



13 



EP0 856 834 A2 



Fig.5 
(Prior Art) 




14 



EP0 856 834 A2 



Fig.5 
(Prior Art) 




NOISE 
SOURCE 



14 



EP0 856 834 A2 



Fig.6 
(Prior Art) 



6 



; 


El (2) 


ADAPTIVE 






FILTER 



F1(2) 




7 



3_ 








ADAPTIVE 




FILTER 


XB< 2 , 













W1(z) 



15 



